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1
METHOD AND SYSTEM FOR PROVIDING
SCRAMBLED CODED MULTIPLE ACCESS
(SCMA)

RELATED APPLICATIONS

This application is a continuation, and claims the benefit
of the filing date under 35 U.S.C. §120, of U.S. patent
application Ser. No. 12/056,144 (filed Mar. 26, 2008, which
claims the benefit of the earlier filing date under 35 U.S.C.
§119(e) of U.S. Provisional Patent Application No. 60/908,
340, the entirety of which is incorporated herein by refer-
ence.

FIELD OF THE INVENTION

The present invention relates to communication systems,
and more particularly to coded systems.

BACKGROUND OF THE INVENTION

Multiple access schemes are employed by modern radio
systems to allow multiple users to share a limited amount of
bandwidth, while maintaining acceptable system perfor-
mance. Common multiple access schemes include Fre-
quency Division Multiple Access (FDMA), Time Division
Multiple Access (TDMA) and Code Division Multiple
Access (CDMA). System performance is also aided by error
control codes. Nearly all communication system relies on
some form of error control for managing errors that may
occur due to noise and other factors during transmission of
information through a communication channel. These com-
munications systems can include satellite systems, fiber-
optic systems, cellular systems, and radio and television
broadcasting systems. Efficient error control schemes imple-
mented at the transmitting end of these communications
systems have the capacity to enable the transmission of data
including audio, video, text, etc. with very low error rates
within a given signal-to-noise ratio (SNR) environment.
Powerful error control schemes also enable a communica-
tion system to achieve target error performance rates in
environments with very low SNR, such as in satellite and
other wireless systems where noise is prevalent and high
levels of transmission power are costly, if even feasible.

Thus, a broad class of powerful error control schemes that
enable reliable transmission of information have emerged
including convolutional codes, low density parity check
(LDPC) codes, and turbo codes. Both LDPC codes as well
as some classes of turbo codes have been successfully
demonstrated to approach near the theoretical bound (i.e.,
Shannon limit). Although long constraint length convolu-
tional codes can also approach the Shannon limit, decoder
design complexity prevents practical, wide spread adoption.
LDPC codes and turbo codes, on the other hand, can achieve
low error rates with lower complexity decoders. Conse-
quently, these codes have garnered significant attention.

For example, conventional data transmission to and from
an ultra small terminal via satellite is usually based on Code
Division Multiple Access (CDMA) technique using rate 1/2
or 1/3 turbo codes. CDMA spreads bandwidth to reduce the
interference to adjacent satellites, whereas the turbo code
provides coding gain needed to close the link. CDMA also
allows multiple users sharing the bandwidth at the same
time. However, CDMA systems typically need a large
bandwidth expansion factor to function properly. Addition-
ally, CDMA systems require all signals accessing the same
spectrum at the same time to be of equal power; provision
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for power control makes CDMA system more complicated
to implement. The inherent long propagation delay of a
satellite link makes it even more difficult.

Based on the foregoing, there is a need for an access
scheme that can effectively utilize low code rates, while
minimizing complexity.

SUMMARY OF THE INVENTION

These and other needs are addressed by the present
invention, wherein a scrambled division multiple access
(SDMA) scheme is provided.

According to one aspect of an exemplary embodiment, a
method comprises scrambling a first bit stream from a first
terminal according to a first scrambling signature. The
method also comprises scrambling a second bit stream from
a second terminal according to a second scrambling signa-
ture, wherein the first bit stream and the second bit stream
are encoded using a low rate code. The first scrambling
signature and the second scrambling signature are assigned,
respectively, to the first terminal and the second terminal to
provide a multiple access scheme.

According to another aspect of an exemplary embodi-
ment, an apparatus comprises a plurality of encoders, each
encoder being configured to encode a first data stream from
a first terminal and a second data stream from a second
terminal using a low code rate. The apparatus also comprises
a first scrambler configured to scramble the first bit stream
from a first terminal according to a first scrambling signa-
ture. The apparatus further comprises a second scrambler
configured to scramble the second bit stream from a second
terminal according to a second scrambling signature. The
first scrambling signature and the second scrambling signa-
ture are assigned, respectively, to the first terminal and the
second terminal to provide a multiple access scheme.

According to another aspect of an exemplary embodi-
ment, a method comprises applying joint detection and
interference cancellation on a received composite signal,
wherein the composite signal includes one or more encoded
bit streams having a low code rate. The method also com-
prises estimating the encoded bit streams, descrambling the
estimated bit streams, and decoding the descrambled bit
streams. The method further comprises modifying the com-
posite signal based on the decoded bit stream, and iteratively
decoding bit streams of the modified composite signal.

According to yet another aspect of an exemplary embodi-
ment, a system comprises a joint detector and interference
canceller configured to detect and cancel interference from
a received composite signal, wherein the composite signal
includes one or more encoded bit streams having a low code
rate. The system also comprises a demodulator configured to
estimate the encoded bit streams, a plurality of descramblers
configured to descramble the estimated bit streams, and a
plurality of decoders configured to decode the bit streams.
The system further comprises a plurality of scramblers
configured to re-scramble the decoded bit streams, wherein
the joint detector and interference canceller is further con-
figured to modify the composite signal for subsequent
iterative decoding by the decoders.

Still other aspects, features, and advantages of the present
invention are readily apparent from the following detailed
description, simply by illustrating a number of particular
embodiments and implementations, including the best mode
contemplated for carrying out the present invention. The
present invention is also capable of other and different
embodiments, and its several details can be modified in
various obvious respects, all without departing from the
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spirit and scope of the present invention. Accordingly, the
drawing and description are to be regarded as illustrative in
nature, and not as restrictive.

BRIEF DESCRIPTION OF THE DRAWINGS

The present invention is illustrated by way of example,
and not by way of limitation, in the figures of the accom-
panying drawings and in which like reference numerals refer
to similar elements and in which:

FIGS. 1A and 1B are communications systems capable of
providing a scrambled division multiple access (SDMA)
scheme, according to various exemplary embodiments;

FIG. 2 is a diagram of a transmitter configured to operate
in the systems of FIGS. 1A and 1B;

FIG. 3 is a diagram of a receiver configured to operate in
the systems of FIGS. 1A and 1B;

FIGS. 4A and 4B, are, respectively, a diagram of a system
capable of supporting multiple transmitters using a SDMA
scheme employing low rate turbo codes, and a flowchart of
an associated scrambling process, according to an exem-
plary embodiment;

FIG. 5 is a flowchart of a process for joint detection/
interference cancellation in the system of FIG. 4A, accord-
ing to an exemplary embodiment;

FIG. 6 is a diagram of a scrambler, in accordance with
various exemplary embodiments;

FIG. 7 is a diagram of a turbo code encoder configured to
use constituent encoders, in accordance with various exem-
plary embodiments;

FIG. 8 is a flowchart of a process for turbo code encoding,
according to an exemplary embodiment;

FIGS. 9 and 10 are diagrams of constituent encoders
configured to provide low rate turbo codes, in accordance
with various exemplary embodiments; and

FIG. 11 is a graph illustrating the performance of the
SDMA system of FIG. 4A.

DETAILED DESCRIPTION OF PREFERRED
EMBODIMENTS

A method, system, and software for providing a
scrambled coded multiple access (SCMA) scheme is
described. In the following description, for the purposes of
explanation, numerous specific details are set forth in order
to provide a thorough understanding of the invention. It is
apparent, however, that the invention may be practiced
without these specific details or with an equivalent arrange-
ment. In other instances, well-known structures and devices
are shown in block diagram form in order to avoid unnec-
essarily obscuring the invention.

Although certain embodiments of the present invention
are described with respect to low-rate turbo codes, it is
contemplated that these embodiments have applicability to
low-rate codes in general (e.g., low density parity check
(LDPC)).

FIGS. 1A and 1B are communications systems capable of
providing a scrambled division multiple access (SDMA)
scheme, according to various exemplary embodiments. A
digital communications system 100 includes one or more
transmitters 101 that generate signal waveforms across a
communication channel 103 to one or more receivers 105
(of which one is shown). In this discrete communications
system 100, the transmitter 101 has a message source that
produces a discrete set of possible messages; each of the
possible messages has a corresponding signal waveform.
These signal waveforms are attenuated, or otherwise altered,
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by communications channel 103. To combat the noise chan-
nel 103, coding is utilized. For example, forward error
correction (FEC) codes can be employed.

Forward error correction (FEC) is required in terrestrial
and satellite systems to provide high quality communication
over a radio frequency (RF) propagation channel, which
induces signal waveform and spectrum distortions, includ-
ing signal attenuation (freespace propagation loss) and
multi-path induced fading. These impairments drive the
design of the radio transmission and receiver equipment;
exemplary design objectives include selecting modulation
formats, error control schemes, demodulation and decoding
techniques and hardware components that together provide
an efficient balance between system performance and imple-
mentation complexity. Differences in propagation channel
characteristics, such as between terrestrial and satellite com-
munication channels, naturally result in significantly differ-
ent system designs. Likewise, existing communication sys-
tems continue to evolve in order to satisfy increased system
requirements for new higher rate or higher fidelity commu-
nication services.

Code rate is an important factor that has a significant
effect on the error performance of the code. The choice of
which code rate to operate, in turn, depends on the SNR of
the environment in which the codes will be deployed.
Traditionally, low SNR environments require the use of low
code rates (i.e., more redundancy), whereas high SNR
environments can enable the utilization of higher code rates.
There is a continual challenge to devise codes that edge
closer to the Shannon limit, while minimizing complexity.

When considering turbo codes and LDPC codes, irregular
LDPC codes have been demonstrated to achieve superior
performance over turbo codes for high code rates, whereas
turbo codes have been demonstrated to be superior for lower
code rates in low SNR environments. For very low codes
such as 1/6 or lower, the coding industry has focused on
classical turbo code design, which can, in essence, be
improved. Because turbo codes have traditionally been
designed to maximize the minimum Hamming weight of
systematic codewords (where the information part of the
codeword has a Hamming weight of two), it is recognized
that further coding improvements can be made. At relatively
high SNR, this approach yields good codes since two
codewords are most easily confused when their information
part is differed by two bits, owing to the recursive nature of
their constituent codes.

However, for very low SNR where low code rates are
traditionally used, an investigation of the erroneous turbo
code frames reveals that the number of errors in the infor-
mation part, is in general, more than two. This observation
suggests that by targeting minimum Hamming weight cor-
responding to information sequences with Hamming weight
more than two, the performance of low code rates, in
principle, can be enhanced. With improved design, low rate
turbo codes can approach the Shannon limit more closely,
resulting in a variety of advantages for communication
systems such as extended battery lifetime within cellular
networks, lower transmit power within satellite communi-
cation and broadcasting systems, etc.

FIG. 1B is a diagram of an exemplary meshed network
capable of supporting communication among terminals with
varied capabilities, according to an embodiment of the
present invention.

Satellite communications system 120 includes a satellite
121 that supports communication among multiple satellite
terminals (STs) 123, 125 and a hub 127. The hub 127 may
assume the role of a Network Operations Control Center
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(NOCC), which controls the access of the STs 123, 125 to
the network 120 and also provides element management
functions and control of the address resolution and resource
management functionality. The satellite 121, in an exem-
plary embodiment, operates as a packet switch (e.g., at a data
link layer) that provides direct unicast and multicast com-
munication among the STs 123, 125. The STs 123, 125
provide connectivity to one or more hosts 129, 131, respec-
tively. According to one embodiment of the present inven-
tion, the system 120 has a fully meshed architecture,
whereby the STs 123, 125 may directly communicate.

As previously discussed, a system in which terminals are
deployed, particularly a satellite system, incompatibility
problems may arise if different “generations” of terminals
exist, in which one ST employs older hardware and/or
software technologies than the other.

For newer, highly capable terminals to communicate with
older (typically) less capable terminals, an exchange of
information regarding the capabilities among the commu-
nicating terminals is needed. Specifically, the common air
interface needs to support a discovery of the terminal’s
capabilities profile (or context information). These capabili-
ties can include encryption scheme, compression scheme,
segmentation and reassembly (SAR) scheme, automatic
repeat request (ARQ) scheme, Quality-of-Service (QoS)
parameters, power levels, modulation and coding schemes,
power control algorithms, and link adaptation capabilities.)

Under a conventional approach, terminal profile can be
readily exchanged over a network with a star topology
where no peer-to-peer communication exists. For example,
in the General Packet Radio Service (GPRS)/Universal
Mobile Telecommunications System (UMTS) family of
protocols, such capabilities profiles include a packet data
protocol (PDP) context and a mobility management context.
In an embodiment of the present invention, the concepts of
PDP context and mobility management context are com-
bined and the term packet data protocol (PDP) context is
used in general to refer to terminal capabilities. It is recog-
nized that these terminals can be mobile as well as non-
mobile. In an exemplary embodiment, this PDP context, for
example, which can provide information about the encryp-
tion algorithm, compression algorithm, modes of data link
layer communication, and physical layer transfer capabili-
ties is combined by the transmit ST with the Quality of
Service (QoS) of a pending data flow to determine a packet
transfer context to use in transmission of the flow. If a PDP
context has been previously established, then the sending ST
can autonomously create the packet transfer context, which
both satisfies the QoS of the data flow and is compatible with
the receive ST capabilities.

According to one embodiment, the exchange of terminal
profile can be executed over a meshed network, in a peer-
to-peer manner. The STs 123, 125 support the use of a
negotiation procedure to determine the optimal configura-
tion for transmission and reception of data. If a protocol
implements control procedures or options in newer versions
(i.e., flow-control/rate-control), older protocol versions are
able to detect the initiation as a new unsupported procedure
and report the same to the peer with minimal disruption in
the flow of traffic.

The ST-ST protocol advantageously takes into account
that even for peers of the same version, some capabilities
may not necessarily be always supported due to local
temporal  processing/memory/congestion-related  con-
straints. Additionally, the ST-ST protocol design provides
for rapid developments in data communication technology.
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Incompatibility between two STs is detected by the ter-
minal that originates the traffic. Thus, potential misconfigu-
rations or software incompatibilities can at least be identi-
fied, without requiring communication at the service level of
the more capable ST. For example, one of the STs 123, 125
may need to be reconfigured in order to communicate with
compression disabled in order to allow communication with
an ST that does not support compression. It is noted that the
capability is not necessarily a function of solely configura-
tion or software compatibility, but may also be a function of
current traffic load.

For each ST 123, 125, there exist some configuration
information, including network configuration, network ser-
vice provider (NSP) configuration, software configuration,
and user configuration, as indicated by the NOCC 127.
These configurations relate to the features that the ST 123,
125 supports and offers to the user, and have a direct bearing
on the transmission and reception capabilities.

To facilitate the flow of data from one peer ST 123 to
another ST 125 of possibly different generations equipped
with different capabilities, a packet transfer context is
employed. Such a common feature set depends on the PDP
contexts of the two STs 123, 125; further, this common
feature set may also depend on the QoS of the flow, as well
as the loading and status of the two STs at that point of time.
In an exemplary embodiment, the packet transfer context is
unidirectional and valid only for the transmit ST to send
packets to the specified receive ST; thus, the packet transfer
context may be unique to a given pair of STs.

FIG. 2 is a diagram of a transmitter configured to operate
in the systems of FIGS. 1A and 1B. As seen in FIG. 2, a
transmitter 200 is equipped with a channel encoder (e.g.,
turbo encoder) 201 that accepts input from an information
source and outputs coded stream of higher redundancy
suitable for error correction processing at the receiver (as
shown in FIG. 3). The information source generates k
signals from a discrete alphabet, X. The channel encoder 201
may utilize a combination of a constituent encoder that uses
one or more constituent codes and an interleaver 203 to
implement the channel coding procedure. Turbo codes are
produced by parallel concatenation of two codes (e.g.,
convolutional codes) with an interleaver in between the
encoders (as seen in FIG. 4).

Essentially, the encoder 201 generates signals from alpha-
bet Y to a channel scrambler 203, which scrambles the
alphabet. That is, the channel scrambler 203 pseudo-ran-
domizes the code symbols. The scrambled signals are fed to
a modulator 205, which maps the encoded messages from
encoder 201 to signal waveforms that are transmitted to a
transmit antenna 207.

The antenna 207 emits these waveforms over the com-
munication channel 103. Accordingly, the encoded mes-
sages are modulated and distributed to a transmit antenna
207.

The transmissions from the transmit antenna 207 propa-
gate to a receiver, as discussed below.

FIG. 3 is a diagram of a receiver configured to operate in
the systems of FIGS. 1A and 1B. At the receiving side, a
receiver 300 includes an antenna 301 that receives the
waveforms emitted over the channel 103. The receiver 300
provides a demodulator 303 that performs demodulation of
the received signals. After demodulation, the received sig-
nals are forwarded to a channel de-scrambler 305 to
unscramble the symbols. A decoder 307 then attempts to
reconstruct the original source messages.

It is contemplated that the above transmitter 200 and
receiver 300 can be deployed in within a single wireless
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terminal, in which case a common antenna system can be
shared. The wireless terminal can for example be configured
to operate within a satellite communication, a cellular sys-
tem, wireless local area network (WLAN), etc.

FIGS. 4A and 4B, are, respectively, a diagram of a system
capable of supporting multiple transmitters using a SDMA
scheme employing low rate turbo codes, and a flowchart of
an associated scrambling process, according to an exem-
plary embodiment. For the purposes of illustration, a com-
munication system 400 supports multiple terminals (i.e.,
users) configured with respective encoders 401a-401» and
scramblers 403a-4037. In an exemplary embodiment, these
terminals can be the transmitter 200 and the receiver 300 of
FIGS. 2 and 3, respectively, operating in the satellite system
120 of FIG. 1B.

By way of example, the system 400 provides a multiple
access scheme, such as SCMA, which achieves good per-
formance with relatively lower receiver complexity com-
pared to CDMA (as the number of users that share the same
channel increases). With SCMA, each user sharing the
transmission channel is separated by user specific and
scramblers 403a-403n. Also, due to lack of spreading factor
and more efficient FEC coding, a fraction of a satellite
transponder is needed under the SCMA scheme, thereby
lowering the operating cost.

By using low rate codes, the system 400 can achieve
greater power efficiency while spreading the spectrum,
whereas conventional CDMA does not. Additionally, SCMA
is different from another multiple access technique called
Interleave-Division Multiple Access (IDMA) which also
spreads with low-rate turbo-Hadamard codes but uses ran-
dom interleavers as user signature. The low-rate turbo
decoders in SCMA are much more straightforward to imple-
ment since turbo-Hadamard codes require the decoding of
Hadamard codes in addition to the decoding of turbo-like
codes. Also, all the users can utilize the same scrambler
hardware with different initial vector (also known as
“seed”), instead of different interleaver design. Further,
using scrambling sequences as signatures is simpler than
random interleaver-based signatures.

In one embodiment, each of turbo encoders 401a-401x
utilizes the same turbo codes. The turbo encoded sequences
are then fed to the respective user-specific scramblers 403a-
4037. The scrambled sequences are then transmitted over
channel 405 to a receiver 300, which includes a joint
detector/interference canceller unit 407 that interacts with
the turbo decoders 413a-413n to iteratively produce an
estimate of the received codewords. With each iteration, the
turbo decoder 413a-413% produces a better estimate to the
joint detector/interference canceller 407 for achieving better
cancellation. The information exchanged between turbo
decoders 413a-4137 and the joint detector/interference can-
celler 407 is scrambled or descrambled via scramblers
409a-4097 or de-scramblers 411a-411#n, respectively. Once
“good” estimates of the decoded sequences are produced,
they are output from the turbo decoders 413a-413x.

Unlike conventional CDMA systems, the joint-detection/
interference canceller 407 does not require all the signals
accessing the same spectrum at the same time to be of equal
power. In fact, the performance is better when the signals are
of different power level. Thus, no tight power controls are
needed. Also due to joint-detection/interference cancella-
tion, the system 400 provides a scheme that is much more
robust against Rician fading, which makes it particularly
more attractive for small mobile terminals experiencing
Rician multipath fading.
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Therefore, the system 400, as a SCMA system using
low-rate FEC coding, requires less power to transmit data at
the same speed vis-a-vis a CDMA system. In one embodi-
ment, the system 400 can be operated in a random access
manner and does not require reservation of time slots, which
minimize the delay to one satellite round trip. Additionally,
the system 400, as mentioned, does not require tight power
control, minimizing the coordination needed between trans-
mitter 200 and receiver 300. By way of example, potential
applications will be for mobile or aeronautical terminals. It
may also have applications to enable direct broadcast sat-
ellite (DBS) operators to provide return link over satellite
via a commercial satellite using existing antenna systems.

Each user encodes its data with, for example, a rate 1/n
FEC, where n is an integer larger than 3. The coded bits are
then scrambled with a unique scrambling sequence and
transmitted. The number of unique sequences are virtually
unlimited with common sequence generators, such as the
Gold sequences. The same generator can generate all the
sequences, which are differentiated by the initial vector. It is
noted that other low rates can be utilized, m/n (e.g., less than
1/3).

In an exemplary embodiment, the scrambling sequence
can be generated by selecting a pseudorandom number
sequence (e.g., Gold sequence) whose period is greater than
the code block. On the receiver side, the respective user uses
the corresponding de-scrambler and a rate 1/n decoder to
retrieve its data. The signals are modulated by the same type
of modulation, e.g., QPSK, of the same bandwidth, centered
at the same frequency and transmitted at the same time (e.g.,
similar to CDMA). Typically, for receivers located in a hub
of a star-shaped network, the antennas can be shared.

The system 400 operates as follows. In step 421, each
terminal encodes data using the corresponding turbo encoder
(e.g., 401a-401x). The encoded data is then scrambled by the
respective scramblers 1 . . . U (e.g., 403¢-4037%) and trans-
mitted to the receiver 300, per steps 423 and 425. Next, the
received signal is processed by the joint detector/interfer-
ence canceller 407 and undergoes descrambling and re-
scrambling, as in step 427. The descrambling and re-scram-
bling is performed in conjunction with the decoding process,
which outputs decoded data (step 429).

FIG. 5 is a flowchart of a process for joint detection/
interference cancellation in the system of FIG. 4A, accord-
ing to an exemplary embodiment. A key enabler for this
communication system 400 is the joint-detection/interfer-
ence cancellation receiver. This receiver 300 includes the
descramblers 409a-409n and the decoders 413a-413n as
well as all the signal estimators and interference reducers for
each of the individual signal paths. In addition, the receiver
300 includes a buffer (not shown) to store a complete block
of the composite signal. The receiver 300 employs joint
detection/estimation; it is contemplated that any joint-detec-
tion/estimation technique may be used. In an exemplary
embodiment, the receiver 300 operates iteratively to output
the bit streams represented by the composite signal.

As seen in FIG. 5, in steps 501-507, once an entire block
of composite waveform is sampled and stored in the buffer,
the receiver 300 first uses the first descrambler (e.g.,
descrambler 4094) and a turbo decoder (e.g., decoder 413a)
to estimate the first bit-stream. In step 509, the composite
signal is modified accordingly. In this example, only one
pass of the turbo decoding is performed. The interference
reducer then operates on the stored waveform given the
result of the first pass decoding of the first signal. The
receiver 300 then uses the second descrambler (e.g.,
descrambler 4095) and turbo decoder (e.g., decoder 4135) to



US 9,461,765 B2

9

estimate the second bit-stream, and so on. When all the
bit-streams have been estimated once (as determined in step
511), the receiver 300 than returns to process the first
bit-stream in a second pass.

When all the bit-streams have been processed for the
required number passes (steps 513-517), all the bit-streams
are completely estimated and decoded.

Alternatively, in another embodiment, all the paths can be
processed in-parallel for each pass; this approach may entail
more passes than the above process.

Signal estimation, via a demodulator (not shown), plays
an important role. In most applications of interest, this
demodulator must operate at very low signal-to-noise plus
interference ratio. In one embodiment, the demodulator is
aided by two features: synchronization, and joint detection.
The initial synchronization involves use of a known pilot,
which can be introduced using anyone of the techniques
known in the art. For example, known pilot symbols can be
introduced by multiplexing them into the data stream, or
pilot symbols may be introduced by puncturing the encoder
output. Just as each encoder 401a-4017 employs a different
scrambling signature, each may employ a different pilot
symbol pattern, thereby minimizing interference effects.

In one embodiment, the signals are transmitted in a burst
mode. Accordingly, the demodulator is configured to detect
the burst arrival times by using, for example, a “Unique
Word” pattern. It is recognized that any other well-known
techniques may be used for this purpose. The Unique Word
patterns of the various encoders may or may not be distinct.

With respect to joint detection, this process involves
iterative refinement of the demodulation. As the iteration
progresses, the demodulation is improved through two tech-
niques. First, as interference is removed, the estimation of
signal parameters (e.g., frequency, symbol timing, carrier
phase) is improved. Secondly, as more reliable estimates of
the data symbols become available from the turbo decoders
413a-413n, these are used to improve the demodulator
performance.

FIG. 6 is a diagram of a scrambler, in accordance with
various exemplary embodiments. In this example, a scram-
bler 601 receives a codeword (e.g., “00 1 0 1 0”) and a
scrambling sequence (e.g., “1 0 1 0 1 17). The scrambling
sequence (or signature) can be a Gold sequence or any
pseudorandom number sequence. Gold codes exhibit a num-
ber of characteristics. In addition to being simple to gener-
ate, these sequences contain roughly an equal number of
zeros and ones, and are approximately orthogonal when
delayed or shifted. Also, they are orthogonal to other codes.
Gold sequences can be generated using feedback shift
registers, whose outputs are added to produce the Gold
codes. The codeword and scrambling sequence are com-
bined by adder 603 to output a transmitted sequence (e.g., “1
00001™).

As mentioned, use of scramblers (as opposed to inter-
leavers) reduces complexity. In a large system with numer-
ous users, it is difficult to deploy a large number of inter-
leavers that are prearranged between each pair of sender and
receiver, whereas a common scrambler with different initial
vector (also known as “seed”) can be used for each pair of
sender and receiver. Such arrangement is substantially easier
to implement.

FIG. 7 is a diagram of a turbo code encoder configured to
use constituent encoders, in accordance with various exem-
plary embodiments. In this example, turbo encoder 201
employs two constituent encoders 701, 703 and an inter-
leaver 705. Although two encoders 701, 703 are described in
this scenario, the encoder 201 can provide more than two
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encoders to achieve various code rates. As seen in FIG. 7, the
turbo encoder 201 can optionally output the information
(i.e., systematic) bit as part of the output code, depending on
the design of the constituent encoders 701, 703 and the code
rates. The operation of the turbo code encoder 201 is
explained with respect to FIG. 8, as follows.

FIG. 8 is a flowchart of a process for turbo code encoding,
according to an exemplary embodiment. Information bits
that are to be turbo code encoded are fed to both constituent
encoders 701 and 703 (step 801). The bits that are fed to
constituent encoder 703 are, however, interleaved by inter-
leaver 705 prior to being input to constituent encoder 703,
as in steps 803-807. In steps 809 and 811, once both bit
streams are encoded, the output of constituent encoders 701,
703 is punctured to achieve the desired code rate. According
to an exemplary embodiment, the output of turbo encoder
201 can contain the unpunctured bits at the output of
constituent encoders 701, 703 and, alternatively, the infor-
mation bits that have not undergone any processing, as
illustrated in FIG. 7.

FIGS. 9 and 10 are diagrams of constituent encoders
configured to provide low rate turbo codes, in accordance
with various exemplary embodiments. A constituent encoder
900 provides code rates of 1/14, 1/12, 1/10, 1/8, 1/6, and 1/4.
When implemented in the turbo encoder 201 of FIG. 7, the
encoder 201 does not output the information bits given these
code rates. For rate 1/14 turbo code, all seven parity bits of
the constituent code are transmitted. For rate 1/12 turbo
code, Y is punctured from both constituent codes, for rate
1/10 turbo code Y5 and Y are punctured, for rate 1/8 turbo
code, Y,, Y5 and Y, are punctured, for rate 1/6 turbo code
Y;,Y,, Y5 and Y, are punctured and for rate 1/4 turbo code,
Y,, Y;and Y,, Y5 and Y are punctured from both constitu-
ent codes. The transfer function of the constituent encoder
900 is given as:

no(D) m(D)  ns(D) ]

CD) =30y a4y dD)

where,
d(D)=1+D+D?
no(D)=1+D*+D?
mD)=1+D+D*+D?
m(D)=1+D?

ns(D)=1+D+D?

n(D)=1+D
ns(D)=1+D?
ne(D) = 1.

As seen, the logic or circuitry for the encoder 900
encompasses adders 901, 903, 905, 907, 909, 911, 913, and
915 and shift registers 917, 919 and 921. Modular adder 901
receives the data input, adding it together with the output of
registers 917 and 921. The output of adder 901 produces the
parity bit Y and is also fed into adders 903, 911, 909 and
905. Modular adder 903 sums the signals from adder 901
and register 917, resulting in the parity bit Y,; the summed
value is additionally provided to adder 907. Adder 905
receives inputs from register 919 and adder 901, and pro-
duces the parity bit Y at its output.

Further, adder 907 sums the values from adder 903 and
register 919 to generate parity bit Y;. Adder 909 receives
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inputs from register 919 and adder 901 to produce a value,
which is then fed into adder 913. Adder 911 adds the value
from register 921 as well as the value from adder 901; the
resultant value is the parity bit Y,. As for adder 913, this
adder 913 produces parity bit Y, from the summation of a
value from adder 909 and register 921. Adder 915 receives
inputs from adder 913 and register 921 to generate parity bit
Y,.

FIG. 10 shows a block diagram of a constituent encoder
1000 for achieving varying code rates, such as 1/15. The
transfer function of the constituent encoder 1000 is as
follows:

o= r:((DD)) : r;((DD;’ ’;6(%)))]
where,

dD)=1+D?

no(D) =1

n(D)=1+D*

D =1+D*+D°
ns(D)=1+D+D*+D?
m(D)=1+D+D?
ns(D)=1+D+D?

ng(D)=1+D.

To generate the parity bits according to this transfer
function, the constituent encoder 1000 has circuitry that
includes modular adders 1001, 1003, 1005, 1007, 1009,
1011, 1013, 1015, and 1017 and shift registers 1019, 1021,
and 1023.

As seen, modular adder 1001 adds the output of register
1023 with the data input and generates parity bit Y, which
is also supplied into adders 1005, 1003, 1011, and 1007.
Adder 1003 receives input from adder 1001 and register
1019, summing these inputs for a resultant value that is fed
into adder 1013. At adder 1005, signals from adder 1001 and
register 1019 are summed to yield parity bit Y,—which is
also fed into adder 1009.

Adder 1007 adds the input from adder 1001 and the input
from register 1021, to provide parity bit Y. Parity bit Y can
be generated through the summation, at adder 1009, of the
values from adder 1005 and register 1021. With respect to
adder 1011, inputs from adder 1001 and register 1021 are
added by adder 1011 and provided to adder 1015. Adder
1013 receives input from adder 1003 and register 1023 to
generate parity bit Y,,. Parity bit Y, is formed by the addition
of the result from adder 1011 and content of register 1023.
Adder 1017 receives inputs from adder 1015 and register
1019 and produces parity bit Y, at its output. Under this
arrangement (i.e., code rate of 1/15), the turbo encoder 201
of FIG. 7 outputs the systematic bit, by contrast to the
constituent encoders 900, 1000 of FIGS. 9 and 10, respec-
tively, in which no information bit is output by the turbo
encoder 201.

It should be noted that, according to certain embodiments,
the low rate turbo codes described herein have been devel-
oped by targeting minimum Hamming weight correspond-
ing to information sequences with Hamming weight more
than two. Using this approach, a search for new turbo codes
was conducted using a uniform interleaving assumption and
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constraining the Hamming weight of input sequences to a
maximum of six, for instance.

FIG. 11 is a graph illustrating the performance of the
SDMA system of FIG. 4. Specifically, in graph 1100, the
performance of system 400 is compared against Shannon’s
constrained capacity for QPSK modulation as a function of
the aggregated signal power per symbol time over one-sided
noise spectral density in an Additive White Gaussian Noise
(AWGN) channel (e.g., using a rate 1/10 code). A relatively
short 1000 information bit frame length is used. As seen, up
to about five simultaneous overlapping transmission that are
close to a theoretically best with unlimited processing. The
corresponding energy per symbol over one-sided noise
spectral density ratio (Es/No) for each individual user ter-
minal and the energy per information bit to one-sided noise
spectral density ratio (Ebi/No) to achieve 10~> frame error
rate is shown in Table 1, as the aggregated power are evenly
divided to each user terminal.

TABLE 1
No. of Users
1 2 3 4 5 6 7
Es/No (dB) -67 -63 -6.1 -57 =50 -39 -23
per user
Ebi/No (dB) 0.3 0.7 0.9 1.3 2.0 3.1 4.7
per user

Conventional spectral spreading achieves emission reduc-
tion, but does not offer additional coding gain. When applied
to a star-shaped satellite network, the approach of system
400 can be applied for both the forward link and the return
link. In the forward link, the advantage is mainly the lower
Ebi/No that is required by the lower rate code is lower than
required by the rate 1/3 or rate 1/4 code previously used. The
lower operating threshold allows the terminal to accept more
adjacent satellite interference, which is often the dominating
performance limitation for small terminals. The advantage
of the low-rate code can be applied to reduced receive
antenna size, or higher bit rate.

In the return link, the combination of low-rate code and
SCMA allows the terminal to operate autonomously with
minimum coordination with the hub. Unlike conventional
CDMA, interference cancellation operates better when the
terminals are not operating at exactly the same power, tight
power control is in fact not desirable. The bandwidth expan-
sion from the low-rate coding serves two purposes reduction
of emission spectral density from regulator standpoint; and
additional coding gain.

The processes described herein for generating low rate
codes and scrambling may be implemented via software,
hardware (e.g., general processor, Digital Signal Processing
(DSP) chip, an Application Specific Integrated Circuit
(ASIC), Field Programmable Gate Arrays (FPGAs), etc.),
firmware or a combination thereof.

In the preceding specification, various embodiments have
been described with reference to the accompanying draw-
ings. It will, however, be evident that various modifications
and changes may be made thereto, and additional embodi-
ments may be implemented, without departing from the
broader scope of the invention as set forth in the claims that
follow. The specification and drawings are accordingly to be
regarded in an illustrative rather than restrictive sense.
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What is claimed is:

1. A method comprising:

scrambling a first bit stream from a first terminal accord-
ing to a first scrambling signature; and

scrambling a second bit stream from a second terminal
according to a second scrambling signature,

wherein the first bit stream and the second bit stream are
encoded using a low rate forward error correction
(FEC) code generated based on polynomials configured
to optimize performance in a multi-user-terminal sys-
tem,

wherein the encoding of each of the first and second bit
streams is performed to output a composite signal using
turbo code encoding, wherein the encoding utilizes
constituent encoding having a transfer function:

G(D) =

no(D) ny (D) ﬂs(D)]
diD)’ dD)’ " dD)

where,
dD)=1+D+D?
no(D)=1+D*+D?
mD)=1+D+D*+D?
D =1+D

ny(D)=1+D+D?

na(D)=1+D
ns(D)=1+D?
ne(D) = 1,

and

wherein the use of the first scrambling signature for the
first bit stream and the second scrambling signature for
the second bit stream serves to distinguish the first bit
stream of the first terminal from the second bit stream
of the second terminal to provide a multiple access
scheme.

2. A method according to claim 1, further comprising:

generating an output data stream that includes the first and
second encoded bit streams and one or more pilot
symbols for synchronization.

3. A method according to claim 1, wherein the first and
second bit streams are encoded by a plurality of constituent
encoders utilizing identical transfer functions.

4. A method according to claim 1, wherein the FEC code
comprises a rate of 1/14, 1/12, 1/10, 1/8, 1/6, or 1/4.

5. A method according to claim 1, wherein one or more of
the first and second scrambling signatures include Gold
sequences.

6. A system comprising:

a first terminal device comprising a first encoder config-
ured to encode a first bit stream using a low rate
forward error correction (FEC) code generated based
on polynomials configured to optimize performance in
a multi-user-terminal system, and a first scrambler
configured to scramble the encoded first bit stream
according to a first scrambling signature; and

a second terminal device comprising a second encoder
configured to encode a second bit stream using the low
rate FEC code, and a second scrambler configured to
scramble the encoded second bit stream according to a
second scrambling signature;
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wherein each encoder is configured to encode each of the
bit streams to output a composite signal using turbo
code encoding, wherein the encoding utilizes constitu-
ent encoding having a transfer function:

no(D) m(D)  ns(D) ]

APV= 4Dy dD) D)

where,
d(D)=1+D+D?
no(D)=1+D*+D?
mD)=1+D+D*+D?
m(D)=1+D?

m(D)=1+D+D?

n(D)=1+D
ns(D)=1+D?
ne(D) =1,

and
wherein the use of the first scrambling signature for the
first bit stream and the second scrambling signature for
the second bit stream serves to distinguish the first bit
stream of the first terminal device from the second bit
stream of the second terminal device to provide a
multiple access scheme.

7. A system according to claim 6, wherein an output data
stream is generated, the output data stream includes the first
and second encoded bit streams and one or more pilot
symbols for synchronization.

8. A system according to claim 6, wherein the encoders
include a plurality of constituent encoders utilizing identical
transfer functions.

9. A system according to claim 6, wherein the FEC code
comprises a rate of 1/14, 1/12, 1/10, 1/8, 1/6, or 1/4.

10. A system according to claim 6, wherein the scram-
bling signatures include Gold sequences.

11. A method comprising:

receiving a composite signal comprising one or more

scrambled encoded bit streams, encoded based on a low
rate forward error correction (FEC) code;
demodulating the received composite signal;

applying a joint detection and interference cancellation

process to the demodulated composite signal, including
descrambling and decoding each scrambled encoded
bit stream to estimate the respective bit stream, and
cancelling interference from the composite signal
based on the results of the descrambling and decoding
steps; and

iteratively performing the joint detection and interference

cancellation process, and iteratively adapting the
demodulation based on feedback from each iteration of
the joint detection and interference process to improve
demodulation performance, and

wherein the decoding is based on a turbo code utilizing

constituent encoding having a transfer function:

D) (D) ns(D)]
“ld)’ dD)’ T d(D)
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-continued
dD)=1+D+D?

noD)=1+D*+D°
mD=1+D+D*+D?
D =1+D

n3(D)=1+D+D?

D) =1+D
ns(D) =1+ D?
ne(D) = 1.

12. A method according to claim 11, wherein the received
composite signal includes one or more pilot signals for
synchronization, the method further comprising:

performing synchronization based on the pilot signals.

13. A method according to claim 11, wherein the FEC
code comprises a rate of 1/14, 1/12, 1/10, 1/8, 1/6, or 1/4.

14. A method according to claim 11, wherein the scram-
bling signatures include Gold sequences.

15. An apparatus comprising:

a receiver, including an antenna, configured to receive a
composite signal comprising one or more scrambled
encoded bit streams, encoded based on a low rate
forward error correction (FEC) code;

a demodulator configured to demodulate the received
composite signal;

one or more descrambler/decoder pairs, each descram-
bler/decoder pair being configured to descramble and
decode one or more of the scrambled encoded bit
streams to estimate each of the respective one or more
bit streams; and

an interference canceler configured to cancel interference
from the composite signal based on the results of the
descrambling and decoding of the scrambled encoded
bit streams;
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wherein the decoding is based on a turbo code utilizing
constituent encoding having a transfer function:

G(D) =

no(D) ny(D) ﬂs(D)]
dD)’ dD)’ " dD)

where,
dD)=1+D+D°
no(D)=1+D*+D?
mD=1+D+D*+D?
mD)=1+D?

ns(D)=1+D +D?

D) =1+D
ns(D) =1+ D?
ne(D) =1,

and

wherein the descrambling and decoding of the scrambled
encoded bit streams, and the interference cancellation,
form a part of an iterative joint detection and interfer-
ence cancellation process, whereby the demodulation
of the received composite signal is iteratively adapted
based on feedback from each iteration of the joint
detection and interference cancellation process to
improve demodulation performance.

16. An apparatus according to claim 15, wherein the
received composite signal includes one or more pilot signals
for synchronization.

17. An apparatus according to claim 15, wherein the FEC
code comprises a rate of 1/14, 1/12, 1/10, 1/8, 1/6, or 1/4.

18. An apparatus according to claim 15, wherein the
composite signal represents a plurality of bit streams corre-
sponding to a plurality of satellite terminals.
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